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Abstract
This paper discusses the application of the Set Par-
titioning In Hierarchical Trees (SPIHT) algorithm
to the compression of audio signals. Simultaneous
masking is used to reduce the number of coefﬁcients
required for the representation of the audio signal.
The proposed scheme is based on the combina-
tion of the Modulated Lapped Transform (MLT) and
SPIHT.Comparisonsarealso madewiththe Discrete
Wavelet Transform (DWT) based scheme. Results
presented reveal the compression achieved as well
as the scalability of the proposed coding scheme.
The MLT based scheme is shown to have compres-
sion performance that is superior to the DWT based
scheme.
1 Introduction
The compressionof audiosignals refers to the reduc-
tion of the bandwidth required to transmit or store a
digitized audio signal. The analogue audio signal is
usually digitized using the Compact Disk (CD) stan-
dardof44.1kHzsamplingrateand16bitPCMquan-
tization [1]. A number of audio compression tech-
niques are well known. MPEG standards [1] present
several techniques of compressing audio signals, as
do some commercial coders such as the Dolby AC
series of coders [2]. The techniques presented by
those standards and products are aimed at constant
rate transmission, although MPEG has made some
attempts at standardising scalable compression tech-
niques [1][3].
A scalable audiocompressiontechniquewouldre-
late the quality obtained from the synthesized audio
signal to the number of bits used to code the digi-
tal audio signal. At the same time acceptable audio
quality must be obtained at the lowest rate. A scal-
able audio compression method would ﬁnd applica-
tion in packet based networks such as the Internet
where variable bit rates are the norm.
The Set Partitioning In Hierarchical Trees
(SPIHT) algorithm sorts the coefﬁcients in terms of
relativeimportance,determinedbycoefﬁcientampli-
tude, and transmits the amplitudes partially, reﬁning
the transmitted coefﬁcients continuouslyuntil the bit
limit is reached[4]. The work presentedin this paper
combines SPIHT with the Modulated Lapped Trans-
form (MLT) and compares the results to those ob-
tained by using the DWT based scheme in [5]. The
results presented show clearly the advantage of us-
ing the MLT instead of the wavelet transform with
SPIHT.
2 Set Partitioning In Hierarchi-
cal Trees
The Set Partitioning In Hierarchical Trees algorithm
(SPIHT) was introduced by Said and Pearlman [4].
The algorithm is built on the idea that spectral com-
ponents with more energy content should be trans-
mitted before other components, allowing the most
relevant information to be transmitted using the lim-
ited bandwidth available. The algorithm sorts the
available coefﬁcients and transmits the sorted coefﬁ-
cients as well as the sorting information. The sorting
information transmitted modiﬁes a pre-deﬁned order
of coefﬁcients. The algorithm tests available coefﬁ-
cients and sets of coefﬁcients to determine if those
coefﬁcients are above a given threshold. The coef-
ﬁcients are thus deemed signiﬁcant or insigniﬁcant
relative to the current threshold. Signiﬁcant coefﬁ-
cients are transmitted partially in several stages, bit
plane by bit plane.
As SPIHT includes the sorting information as part
of the partial transmission of the coefﬁcients, an em-
bedded bit stream is produced, where the most im-
portant information is transmitted ﬁrst. This allows
the partial reconstruction of the required coefﬁcients
from small sections of the bit stream produced. 
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Figure 1: The wavelet based coding scheme
3 The compression schemes used
3.1 The use of wavelets with SPIHT
The wavelet transform has been combined with
SPIHT in [5] to compress audio. The attractiveprop-
ertyofthe wavelettransformis the factthat thetrans-
form is implemented in a tree structure and so the
sets (or trees) originally developed in [4] could still
be used. The ﬁlter pairs used in [5] were the 20-
length Daubechies ﬁlter pairs.The sets that are re-
quired for SPIHT can be developed as given in [6].
The scheme based on the wavelet transform is
diagrammatically represented by Figure 1. In the
scheme shown, the psycho acoustic model deter-
mines the bit allocation that should be used in the
quantization of the wavelet coefﬁcients. This re-
quires side informationto be transmitted. Theresults
presented by Lu and Pearlman indicated that imper-
ceptible distortion in the synthesized signal could be
obtained at bit rates between 55-66 kbps [5].
As an indication of how SPIHT reduces the bits
required, Table 1 lists initial results for the eight test
signals used in this work coded using a maximum of
16 bits per coefﬁcient. The test signals are Sound
Quality Assessment Material (SQAM) signals ob-
tained from [7]. The signal content of the ﬁles tested
isalsogiveninTable1. Theresultsgivenareinterms
of average bit rates per frame and should be com-
paredto 706kbpswhichis theCD rate. Since this set
of results is for complete reconstruction combined
with bit allocation using the MPEG masking model,
the sound quality of the synthesized ﬁles were the
same as the original. The objective results given are
the Segmental Signal to Noise Ratios (SegSNRs) of
the synthesised signals.
Figure 2: The codec used
The results presented in Table 1 are for complete
reconstruction. It was found that the described DWT
basedschememaybe usedtocodetheSQAM ﬁles at
lower bit rates than those listed with good results. In
fact at bit rates between 42 and 64 kbps, most of the
synthesized audio had almost no perceivable distor-
tion which is in agreement with the results presented
in [5].
3.2 The MLT combined with SPIHT
ThecodecbasedonthecombinationoftheMLTwith
SPIHT is shown in Figure 2. In Figure 2, the au-
dio signal is divided into overlapping frames and the
MLT is applied to each frame. The obtained coefﬁ-
cients are subjected to the Johnston psycho acoustic
model [8] and any coefﬁcients that are found to be
below the masking threshold are set to zero before
scalar quantization is carried out on all of the coefﬁ-
cients. The quantized coefﬁcients are transmitted by
the use of SPIHT. At the decoder, SPIHT is used to
decode the bit stream received and the inverse trans-
form is used to obtain the synthesized audio.
3.2.1 Setting up the SPIHT sets
In applying the MLT to an SPIHT based codec, the
sets that were used for the wavelet based coding
scheme no longer describe the relationship between
the transform coefﬁcients appropriately. In [4] sets
are based on the tree structure organization of the
coefﬁcients, whereas the uniform M-band decompo-
sition carried out by the MLT is a parallel operation.Table 1: Coding Results using the Wavelet Transform.
Signal Content SegSNR (dB) Mean Rate (kbps)
x1 Bass 46.1 167
x2 Electronic Tune 50.9 71
x3 Glockenspiel 46.6 180
x4 Glockenspiel 44.4 201
x5 Harpsichord 31.1 227
x6 Horn 48.0 94
x7 Quartet 43.2 174
x8 Soprano 43.7 162
There has been a reported work that used the tree
structure based sets on a non-tree structured trans-
form [9] in image compression with very good re-
sults. This indicates that as long as the trees deﬁne
large sets of insigniﬁcant coefﬁcients and small sets
of signiﬁcant coefﬁcients, SPIHT will not use an ex-
cessive amount of bits to carry out the sorting.
In the followingwe deﬁne SPIHT sets that link to-
gether the frequency domain coefﬁcients for a given
frame. The roots of the used sets are at the low fre-
quency end of the spectrum and the outer leaves are
at the higher end of the spectrum. Thus, the sets
link together coefﬁcients in the frequency domain in
an order that ﬁts the expectation that the lower fre-
quency coefﬁcients should contain more energy than
the higher frequency coefﬁcients. This ordering is
similar to, although not the same as, the sets deﬁned
in [4].
In this implementation the sets are developed by
assuming that there are
N roots. One of the roots
is the DC-coefﬁcient and because it is not related to
any of the other coefﬁcients in terms of multiples of
frequency, it is not given any offspring. Each of the
remaining
N
￿
1 roots are assigned
N offsprings.
In the next step each of the offsprings is assigned
N
offsprings and so on, until the number of the avail-
able coefﬁcients is exhausted. The offsprings of any
node
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Any offspring above
M
￿
1 are ignored. The de-
scendants of the roots are obtained by linking the
offsprings together. For example, if
N
=
4, node
number
1 will have offsprings
f4,5,6,7
g, node
4 will
have offsprings
f16,17,18,19
g and the descendants
of node
1 will include
f4, 5, 6, 7, 16, 17, 18, 19,...
g.
As part of the development of the M-band trans-
form plus SPIHT coding system, a number of exper-
iments were conducted to determine if the size of
N
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Figure 3: The mean number of bits required as func-
tions of
N for various audio ﬁles
affects the performance of the coder. Figure 3 shows
the results of some ofthese experiments. Figure3 in-
dicates that the use of
N
=
4is better than or equiv-
alent to the use of any other value. This result can be
explained by the way in which SPIHT performs the
sorting. If a compromise between a few large sets
and many smaller sets is obtained one would expect
SPIHT to perform better than in either extreme case.
This is because SPIHT gains from identifying large
insigniﬁcant sets as well as having small signiﬁcant
sets.
N
=
4presents such a compromise.
3.2.2 The MLT
The MLT is a uniform M-channel ﬁlter bank. In tra-
ditional block transform theory, a signal
x
(
n
) is di-
vided into blocks of length
M and is transformed by
the use of an orthogonal matrix of order
M. More
general ﬁlter banks take a block of length
L and
transform that block into
M coefﬁcients, with theTable 2: Coding Results using the MLT.
Full Reconstruction Partial Reconstruction with Masking
Signal SegSNR (dB) Mean Rate (kbps) SegSNR (dB) Mean Rate (kbps)
x1 55.5 145 16.7 53
x2 64.2 31 19.2 14
x3 49.4 60 17.9 25
x4 54.1 110 21.8 47
x5 45.8 183 7.6 65
x6 61.1 68 23.3 33
x7 55.5 180 20.1 65
x8 54.2 140 21.4 47
condition that
L
>
M[10]. In order to perform this
operation there must be an overlap between consec-
utive blocks of
L
￿
M samples [10]. This means that
the synthesized signal must be obtained by the use
of consecutive blocks of transformed coefﬁcients.
In the case of the modulated lapped transform
L is
equal to
2
M and the overlap is thus
M. The basis
functions of the MLT are given by:
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3.2.3 Results of combining the MLT with
SPIHT
Table 2 shows the obtained results for complete re-
construction. The results shows that almost all of
the SQAM ﬁles are coded using a lower mean rate
than when the DWT is used, this is indicated by bold
font values in the table. Also, note the high SegSNR
results which illustrate the resilience of the MLT to
quantization noise. The results in Table 2 are ob-
tained with and without the use of the simultaneous
masking.
The results presentedin Table 2 are for the synthe-
sized signals that are indistinguishablefromthe orig-
inal. The reduction in bandwidth is very signiﬁcant
when the masking model is included in the coding,
justifying the use of the psycho- acoustic model in
the manner described.
The results show that at a rate of 65 kbps almost
all of the SQAM signals tested may be reproduced
to sound identical to the original. The MLT com-
bined with simultaneous masking produces signiﬁ-
cant bandwidth savings and the addition of SPIHT
also adds the dimension of scalability to the scheme.
At the 54 kbps mark almost all of the ﬁles had no
audible or very little distortion in them.
4 Conclusion
This paper has presented a comparison between two
schemes of audio compression based on SPIHT. The
results show clearly that signiﬁcant savings may be
obtained if the Modulated Lapped Transform is used
in place of the Wavelet transform. The most signif-
icant savings are obtained when the Johnston tech-
nique of determining masked components is com-
bined with the MLT based scheme. The results pre-
sented have also highlighted the usefulness of the
SPIHT algorithm, combined with relevant transform
coefﬁcient relationships, to scalable audio coding, as
the algorithm is designed with the aim of producing
an embedded bit stream.
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